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Summary 

The requirements for and the measurement of airborne sound insulation between 
areas in a broadcasting centre are discussed. In particular , the high values of insulation 
required in some cases and the difficulties of measurement are described. One method 
which has been used for such measurements, using explosive charges, has been 
investigated in detail. Some of the results obtained in the past using this method have been 
questionable and the possible reasons for errors are reported. It is concluded that the high 
peak level of sound pressure generated by the explosion, measured at 160 dB re 20 jiPa at 
a distance of 6 m from the explosion, has been responsible for overloading the measuring 
instrumentation. In recovering from this short-lived but serious overloading, the instru- 
mentation has sometimes given erroneous results. The non-linearity of sound propagation 
at these sound pressure levels may also be theoretically significant although, in practice, 
no such effects have been positively identified. An alternative method of measuring high 
values of sound insulation without requiring such high sound pressure levels is described 
and the results of an evaluation are given. This method however, in exchanging high sound 
pressure levels for measurement duration, may take much longer to carry out than the 
older method. 
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1 . Introduction 

An important part of the specification of some 
of the areas used for broadcasting is the isolation 
from acoustic noise in an adjacent area. This is 
expecially true for studios and control rooms 
(cubicles) in which programmes are being made or 
monitored, but also applies, perhaps to a lesser 
degree, to other areas such as editing rooms, dub- 
bing theatres and ancilliary areas. The derivation 
and specification of appropriate criteria for the 
airborne component of the isolation have been 
carried out and there exists a specification document 
covering the methods used and giving the results for 
a wide range of area types. 1 

The airborne sound insulation criterion having 
been specified and a form of construction chosen 
which, hopefully, will meet that criterion, the final 
result must be tested to confirm that it is satisfactory 
and meets the specification. To measure the degree 
of sound insulation provided between two areas by a 
partition it is the common practice to generate a 
sufficiently intense sound field on one side of the 
partition to enable the resulting sound level to be 
measured on the other side. Of course, sometimes 
the partition does not exist as a separate and 
identifiable entity, for example, if the areas are not 
contiguous but are separated by another area. How- 
ever, even in this case, the measurement can still be 
carried out in the same way and the results will be 
valid. The arithmetical difference in decibels be- 
tween the sound pressure levels in the two areas, with 
the source of the measurement noise usually being 
called the 'source' area and other usually called the 
'receiving' area, is known as the SOUND LEVEL 
DIFFERENCE (SLD). It is dependant on the sizes 
and acoustic properties of the two areas and on the 
proportion of the partition between them which is 
common to both, as well as the materials and the 
construction of the partition. 

This method is universally used for the field 
measurement of sound insulation. The paths by 
which the sound energy travels from the source 
room to the receiving room are usually many and all 
(except for the trivial case of a direct hole through 
the partition) are made up of partially airborne and 
partially structure-borne transmission elements. For 
convenience, the aggregate effect of those paths 
consisting of airborne transmission from the source 



to the structure, structure-borne transmission to 
those points from which the sound energy is re- 
radiated and a second airborne path to a detector in 
the receiving area is commonly known as the air- 
borne sound insulation. For the purposes of labora- 
tory standardisation and international comparison, 
the indirect paths are reduced by careful design of 
the test facility to be insignificant in comparison with 
the direct path via the partition under test. Also, 
the effects on the measured SLD of the area of the 
test partition and the acoustic properties of the 
test rooms are allowed for by the addition of suit- 
able, standard correction factors. 2,3 The SLD so 
corrected is usually known as the SOUND 
REDUCTION INDEX (SRI). It should be depen- 
ant only on the type of partition being tested and, 
therefore, repeatable under different conditions and 
in different facilities. 

For the purposes of sound insulation specific- 
ation and measurement in broadcasting, the correc- 
tions are not usually applied because it is the 
effective reduction in sound pressure level which is 
important. In addition, two areas between which 
sound insulation is important may not have any 
common dividing partition, that is, they may not be 
physically in contact. Under these circumstances, 
the notion of SRI is meaningless but the SLD can 
still be measured (in concept, if not in practice). 

The measurement of the SLD by the usual 
method requires that a steady-state sound field be 
established in the source area at a level sufficiently 
high to enable the transmitted components to be 
measured in the receiving area. The transmitted 
components must therefore exceed the continuous 
background noise level in the receiving area, in the 
frequency band being measured, by a margin ade- 
quate for them to be resolved reliably. In practice, a 
minimum margin of 6dB - lOdB is required, more if 
the background noise level is unsteady. In mechani- 
cally ventilated rooms, even with the very low 
overall noise levels that are the rule in studios and 
control rooms, the level of noise at low-frequencies 
can be relatively high. Figure 1 shows the specified 
background noise criterion for a small talks studio 
or control cubicle. 4 With only a modest amount of 
sound insulation, to exceed even these levels of low- 
frequency noise by a margin sufficient for measure- 
ment requires high sound pressure levels in the 
source area. At higher frequencies the background 
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63 125 250 500 "1000 2000 4000 
1/3 octave band centre frequency, Hz 

Fig, 1 - Background noise level criterion for a Talks 
Studio. 

noise level is less but it is the nature of the sound 
insulation of partitions that they give more insul- 
ation at the higher frequencies. Thus, the measure- 
ment is no easier and, in practice is usually more 
difficult, despite the lower receiving area back- 
ground noise levels. 

An example of the levels required is indicated in 
Fig. 2 which shows as functions of frequency, (a) the 
background noise level, (b) the sound insulation 
specification 1 and (c) the source area noise level 
required to make the measurement. A margin of 
lOdB was assumed for the difference between the 
measurement signal and the background noise in the 
receiving area. This example is not extreme, it is in 
fact the specification for one ordinary 'talks' studio 
adjacent to another. The source sound pressure level 




63 125 250 500 1000 2000 4000 
1/3 octave band centre frequency, Hz 

Fig. 2 - Sound insulation measurement noise levels. 

-a- (a) Background noise level criterion for a Talks 
Studio; 

-»- (b) Sound Insulation Criterion, Talks Studio to 
Cubicle; 

-a- (c) Minimum sound pressure level required to mea- 
sure the sound insulation if the areas just meat 
the criteria; 

— *- (d) Achieved free-field sound pressure level of sur- 
vey loudspeaker at 1 m on axis. 



required is high but is achievable using an easily 
portable loudspeaker (~ 78 litre external volume 
and 12 kg weight) and a 100W amplifier developed 
for this application. The loudspeaker will achieve 
the levels shown in Fig. 2(d) at 1 m in ^rd octave 
bands when driven with band-limited noise or swept 
warble-tone. In a typical 'talks' studio or control 
cubicle the reverberant-field sound pressure level 
will be within 6dB of the levels shown in Fig. 2(d). 

The sound insulation values shown in Fig. 2 are 
representative of the least stringent criteria for 
sound insulation between programme areas. In 
many situations much higher values are required 
and have to be measured, l more than 30 dB higher in 
some cases. It is obvious that a practicable loud- 
speaker, that is, one which is portable, reliable and 
compact, will not produce sound fields of the inten- 
sity necessary and over the required range of fre- 
quencies to carry out sound insulation measure- 
ments on partitions of such high sound insulation 
performance using the continuous excitation 
method described above. For about 20 years it has 
been the practice, under these circumstances, to use 
small explosive charges as the sound source. Until 
recently, the results obtained using these explosives 
have appeared to be satisfactory despite a number of 
potential deficiencies. They have, however, been 
used mostly in large rooms* or outdoors and there- 
fore with fairly large source-to-microphone spac- 
ings. With the adoption of more accurately derived 
and therefore more relevant sound insulation cri- 
teria, 1 the sound insulations of smaller rooms are 
approaching the limit of the loudspeaker-based 
method and it was foreseen that the use of the 
explosive-based method could become more com- 
mon in the future. 

This report examines the problems associated 
with the impulsive method of measurement and 
proposes a new method for the measurement of high 
values of sound insulation which does not use very 
high sound pressure levels. 

2. Implications of impulse measurement 
of sound insulation 

During an experimental comparison of con- 
tinuous (sine-wave) and impulsive (explosive) 
methods of measuring sound insulation some signifi- 
cant differences were observed between the two sets 
of results obtained. Fig. 3 shows the results of the 
comparison. Although at high frequencies the re- 
sults are the same, within the limits of reasonable 



*As an aside, it should be noted that it is not that larger rooms 
inherently have better sound insulation but that the rooms which arc 
required to have better sound insulation are generally larger. 
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Fig. 3 Sound insulation, Kingswood Warren Listen- 
ing Room to Acoustic Test Room. 

—o- (a) Sinusoidal excitation method; 

-x_ (b) Explosive impulse method. 



experimental error, a large discrepancy is evident at 
frequencies around 50 Hz. It was primarily this 
carefully checked comparison that led to the doubts 
about the validity of the impulse method and to this 
investigation. 

The classical definitions and theory of SLD and 
SRI are based on steady-state sound fields. Using an 
explosive charge to generate an acoustic impulse and 
thereby measure sound insulation raises several 
questions: 

1. Is the steady-state sound insulation, defined 
and usually measured on the basis of power flow 
with its implicit time dimension, the same as the 
time-function of the impulse in the source area 
convolved first with the time-response of the par- 
tition and then with the time-response of the receiv- 
ing room? 

2. Close to the explosive charge, the initial shock- 
wave is very likely to be in the non-linear regime, 
that is, the incremental change in air pressure (which 
is all that an acoustic sound consists of) is a 
significant fraction of the static atmospheric air 
pressure. The usual, linear assumptions for sound 
propagation are not accurate under these con- 
ditions. At what distance from the charge can the 
acoustics be considered to be linear enough for 
practical purposes? Neither the partition nor the 
microphones should be closer to the source than this 
limit. 

3. What equipment is to be used for the measure- 
ment? Conversely, what is the response of the 
present 'steady-state' measuring equipment to the 
time-functions of the sound pressure level on the 
source and on the receiving sides of the partition if 
impulsive methods are to be adopted. 



To deal with these questions it is somewhat 
easier to consider and perhaps answer the more 
straightforward questions first. Accordingly, the 
following sections are not in the same order as the 
above list of questions. 

3. Theoretical considerations 

In the absence of non-linearity in any part of the 
system under test or of the measuring equipment 
itself, the theory of the Fourier Transform 5 indicates 
that information contained in a system impulse 
response is identically equivalent in the time domain 
to that in the steady-state transfer function in the 
frequency domain. The ratio between two Fourier 
transforms, one of the source impulse time function 
and the second of the received time response is, 
therefore, the same as the SLD measured, say, with a 
slowly-swept sine wave. It is conceptually possible 
that, excluding the unlikely event that there are non- 
linearities of the partition itself, a two-channel 
Fourier Transform analyser using the time functions 
of the sound pressure level on the source and the 
receiving sides of the partition respectively would 
give the same SLD as a function of frequency as 
would be measured using a steady-state method. In 
fact, it would result in more information than is 
usually acquired because it would retain the phase 
information. Usually the transfer function measure- 
ments are made in such a way that the phase 
information is not recorded because it is not needed. 

In principle, this theory would appear to 
answer the first of the questions posed in Section 2, 
on the fundamental validity of impulsive methods. 
In practice, the signal-to-noise ratio of such a system 
is inherently poor because all the measurement 
energy is contained within a short time span. It is 
questionable whether it could be improved suffi- 
ciently by increasing the source-side peak sound 
pressure level because, ultimately, the unavoidable 
non-linear propagation of the sound would con- 
travene the initial supposition that the system was a 
linear one. It is essentially this assumption of linear- 
ity that has been made in the past when using the 
explosive charges. Therefore, the first line of inves- 
tigation was the linearity of the present system at the 
sound pressure levels encountered using the explos- 
ive charges, and, by implication, the measurement of 
those levels. 

For a fixed source level, the signal-to-noise 
ratio could also be improved by averaging the results 
of a number of impulse measurements. This must, of 
course, be done synchronously, that is, the instru- 
mentation is triggered by an external pulse so that 
the random noise components sum (ultimately) to 
zero. A variant of this method is discussed below, see 
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Section 8, but, using an impulsive source, very many 
measurements have to be averaged to produce a 
result which is a better measurement than the 
conventional steady-state method. The reasons 
being that practical, reliable and repeatable sources 
of acoustic impulses have much lower peak sound 
power outputs than the explosive charges which are 
themselves only barely adequate and, any case, only 
low levels can be used to ensure that non-linearity 
effects are negligible. 

4. Response of present instrumentation tp 
impulsive signals 

The measuring system presently used by the 
BBC is based on a commercially available real-time, 
|rd octave spectrum analyser. When used to mea- 
sure sound insulation using explosive charges it is set 
to record the 'peak' value of sound pressure level in 
each frequency band. The measurements are re- 
peated for different microphone positions on the 
source and the receiving sides of the partition, 
although sometimes a tape machine is used to make 
a simultaneous recording on one side to reduce the 
number of impulses required. This is a very different 
method to that outlined in Section 3 using the 
Fourier Transform because it does not use the time 
functions of the two signals to derive the spectra. It 
is, in fact, an adaption of the steady-state method to 
short-lived signals. There is therefore no theoretical 
reason why it should give the same results as either 
the steady-state or the Fourier Transform methods. 

4.1 . Processes within the spectrum analyser 

In order to understand what measured result 
will be obtained from a given input signal it helps to 
know what happens to the microphone signal inside 
the spectrum analyser. Following wide-band pre- 
and main amplifiers, the input signal representing 
the time-function of the sound pressure level at the 
microphone is applied to a number of parallel, yrd 
octave bandpass filters. Each filter generates the 
convolution of the input signal with the impulse 
response of the filter. Each filter is followed by a 
'true-rms' detector which in rectifying and then 
further filtering the signal, inevitably involves a 
further distortion of the signal time-function. The 
'time-constant' of the rms detector at this stage is the 
same as standard sound level meter 6 set to 'RMS 
fast'. It has an estimated rise-time of 1 2 ms and a 
decay time constant of 0. 1 25 s. 

At low frequencies, the nearly symmetrical 
impulse response of the band-pass filter is the 
predominant factor in the modification of the signal 
time-function. At higher frequencies, the rms de- 
tector, which has a highly asymmetric time response 



is predominant. The 'changeover' frequency be- 
tween these two effects is about 20 Hz. Therefore for 
all frequencies, the original time function of sound 
pressure level is severely distorted, but in different 
ways, at the output of the rms convenors. When set 
to record 'rms peak', as in the measurement of sound 
insulation, the instrument 'remembers' the largest 
value from each detector. 

Although the detectors are claimed to be 'true 
rms', their mode of operation is not clear. (It is the 
subject of U.S. Patent Number 3,681,618.) They 
appear to be compensated mean rectifiers and, as 
such, only approximate to true rms over a limited 
range of peak-to-mean ratios. In fact, the instrument 
specification is for maximum peak-to-rms ratios 
(crest factors) of 'at least 10 dB\ 

4.2. Verification of instrumentation 
performance on impulsive signals 

At the outset of this work it was suspected that 
the various distortions described in Section 4.1 
might be responsible for the erroneous sound insul- 
ation results. It was inconvenient to check this using 
real explosions and partitions so an electrical ana- 
logue of a simplified symmetrical cavity wall par- 
tition was devised and tested using electrical signals. 
The circuit of Fig. 4 was used to model 1 m 2 of a 
typical cavity wall for normally-incident sound 
waves. In Fig. 4, L represents the mass of each leaf, 
C x the individual leaf compliances, C 2 the comp- 
liance of the airspace which was selected to give a 
resonant frequency of 50 Hz, well within the frequ- 
ency range of the measuring equipment and R 1 the 
dynamic loss factor. R R is the radiation impedance. 
The source-side sound pressure level is represented 
by t>, and the receiving side by v . The impedance of 
the circuit was scaled to reduce the inductances to 
practical values (see Appendix 1 for the calculations 
of the component values). In practice, to simplify the 
circuit further, only the symmetrical resonance 
mode, that is the resonance between the mass 
components, L, and the cavity compliance, C 2 , was 
modelled; thus C v was of zero impedance. It should 
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Fig, 4 - Electrical analogue of simplified cavity wall. 
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1/3 octave band centre frequency, Hz 

Fig. 5 - 'Insulation' of cavity wall model. 
—o- (a) Theoretical; 
—*- (b) Sinusoidal excitation; 

-a- (c) Rectangular pulse excitation, 4ms in 500ms, 
peak to mean ratio ^ 1 26:1 . 
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Fig. 6 - 'Insulation' of cavity wall model, relative to 
calculated value. 

—o- (a) Sinusoidal excitation; 

— x- (b) Rectangular pulse excitation, 4ms in 500ms, 
peak to mean ratio = 125:1. 



be remembered that the purpose of this network was 
to enable tests of the impulse response of an instru- 
ment to be carried out, not as an exact detailed 
model of a masonry construction. 

Measurements of the 'insulation' of this model 
partition were made using continuous, swept sinus- 
oidal waveforms and a number of different shapes of 
simple electrical pulses with crest factors of about 
20 dB. Care was taken to avoid any overload of the 
measuring system. The theoretical jrd octave band 
response was also calculated. Fig. 5 shows the 
calculated and two of the measured results as func- 
tions of frequency. To improve the visibility of the 
small differences, Fig. 6 shows the same measured 
results subtracted from the calculated values on an 
enlarged scale. The large differences above 125 Hz 



were caused by the background electrical noise 
affecting the 'receive-side' measurements. Measure- 
ments using impulse shapes other than rectangular 
gave results equally close to the calculated values. 
The somewhat surprising inference to be drawn 
from Figs 5 and 6 is that the result from the impulse 
measurement is, on average, closer to the theoretical 
than is that using the sinusoidal signal. 

It must be concluded that, whatever the reserv- 
ations and doubts expressed in Section 4. 1 about the 
performance of the spectrum analyser on impulsive 
signals, it does appear to give the 'correct' answers, 
even with crest factors somewhat larger than the 
specified maximum - provided that overload of any 
part of the system is avoided. 

4.3. Response of the measurement system with 
deliberate overloading 

A possible explanation of the anomalous re- 
sults obtained using impulsive methods to measure 
sound insulation is that some part of the signal 
processing chain was overloaded. The effects of such 
an overload would be dependant on which part of 
the system was overloaded and its response to the 
overload. In general, the signal would be clipped 
more or less sharply and then the circuit would 
recover more or less quickly. For example, an 
overloaded circuit might take some time to recover, 
thus obliterating some high frequency energy and 
inserting some spurious low frequency energy. 
Alternatively, a circuit may simply clip the crest of a 
waveform thus increasing the high frequency energy 
content without significantly altering the low fre- 
quency energy. 

Two sets of measurements were made using the 
electrical model described in Section 4.2 above and 
deliberately causing an overload of the spectrum 
analyser circuits. For the first set of measurements 
the input signal to the model was made to overload 
the spectrum analyser by 6dB for the 'source' 
measurement. Fig. 7 shows the two results obtained, 
using a triangular and a rectangular pulse respec- 
tively, again compared with the theoretical linear 
response. Because the input amplifier simply clips 
the crest of the input waveform by 6dB when 
overloaded in this way, the rectangular pulse is 
identical in shape to that of the non-overloaded 
condition and the response is identical in shape but 
6dB lower in apparent level. The clipped triangular 
pulse response shows little difference because the 
total energy content of the upper half of the pulse is 
relatively small. However, there is a small but 
consistent difference over the frequency range 50 to 
125 Hz and a larger difference for frequencies above 
125 Hz which is probably real and shows that the 
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16 32 63 125 

1/3 octave band centre frequency, Hz 

Fig. 7 - 'Insulation' of cavity wall model, input signal 
overload. 

~o— (a) Calculated linear steady-state response; 

-x-(b) Triangular (3ms rise time, 1.5ms fall time), 
clipped by 6 dB; 

— d— (c) Rectangular pulse, clipped by 6dB. 



high frequency energy of the input signal has been 
underestimated. 

The second set of measurements was made, on 
the same electrical model, causing the spectrum 
analyser to overload by 6 and then by 16dB on the 
output waveform. The results are shown in Fig. 8. 
(For some measurements, results were not obtained 
at the resonance frequency of 50 Hz for instrumental 
reasons. This does not affect the validity of the 
results at other frequencies.) It is evident from Fig. 8 
that allowing the measurement system to overload 
on the output signal (on the receiving side of a 
partition) causes larger and less predictable errors in 
measured insulation than does an overload on the 
input signal when using simple input signals. In the 
case of the 16dB output overload, the regular 
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Fig. 8 - 'Insulation ' of cavity wall model, output signal 
overload. 

-o— (a) Calculated linear steady-state response; 

—x— (b) 6 dB overload Triangular (as for Fig. 7); 

— o— (c)16dB overload; 

—*- (d)16dB overload. Rectangular pulse. 



appearance of the measured isolation characteristic 
has largely disappeared. In real acoustic measure- 
ments using impulsive methods, both the input and 
the output signals will be complex in shape and liable 
to give equally large errors if overload of the 
measuring equipment is permitted. Although the 
results given here are for just one measuring instru- 
ment, there is little doubt that the same kind of 
effects will occur with any other system if it is 
operated in an overloaded manner. 

It may seem a trivial and self-evident point that 
instrumentation should not be overloaded but, in 
the field of acoustics, it is not always easy to 
determine whether or not overload is likely. This 
point is covered further in Section 6. 

4.4. Summary of response of present 
instrumentation to impulsive signals 

It has been shown that, provided that non- 
linearities of the measuring system are avoided, the 
present instrumentation is capable of producing 
measured sound insulation values using impulsive 
sources of excitation which are identical to those 
produced using a near-steadystate sinuosoidal 
sound source. This appears to answer questions (1) 
and (3) of Section 2. 

It has also been shown that overloading of the 
instrumentation on complex signals can cause large 
errors. 

5. Air non-linearities 

The pressure, P , and the volume, V , of a given 
mass of air are related by: 



P a \/V y 



(1) 



where 



P is the static air pressure 

V is the volume of that mass 

y is the ratio between the specific heats, c p /c v 



All conventional room acoustic theory assumes 
a linear relationship between pressure and volume 
(strictly, the volume velocity) of the form: 



dP/P = -y.dVjV 



(2) 



In both of the above cases, adiabatic conditions 
are assumed because the changes in pressure are 
comparatively rapid, compared with thermal con- 
dition time constants. Even loud normal sounds, for 
example, close to a jet aircraft at take-off, have 
dynamic sound pressure levels about 1000 times 
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smaller than the static air pressure. This simplific- 
ation is therefore justified in most cases. 

The second of the two equations above is, 
however, a simplification obtained by taking the first 
term only of an expansion of the derivitive form of 
the first equation. Simple application of the 
Binomial Theorem shows that the full expansion is 
of the form: 

dPjP = -y.dV!V + y.(l +y)/2.(dV!V Q ) 1 

-y.(l+y).(2 + y)/6.(dV/V ) 3 +... (3) 

The derivation of the propagation properties of 
acoustic energy in this, non-linear regime is difficult 
but it has been shown 7-8 that the harmonic content 
increases as a function of distance in the direction of 
propagation. An example of one solution for the 
regenerated second harmonic component is: 



P,= 



y+ 1 P\ 



2.(2) 



17T 



ax 
Y.P Q ~ 



where 
o 

x 



Pi 



is the frequency in rads/s 

is the distance in the direction of 

propagation 

is the fundamental frequency rms sound 

pressure level 

is the second harmonic rms sound pressure 

level 



In a conservative system, this can only mean 
that energy, initially at low frequencies, is converted 
to energy at higher frequencies. Thus, a measure- 
ment of sound pressure level in the non-linear region 
will lead to over-estimation of the low frequency 
energy and under- estimation of the high frequency 
energy of the wave after it has propagated an 
additional distance. In the case of a measurement of 
sound insulation, this might be from the measuring 
microphone to the first contact of the sound wave 
with the wall surface. Thus, the measured low 
frequency sound insulation might be higher than 
that measured in other ways. The magnitude of this 
effect is such that, at 600 Hz a plane wave, initially 
undistorted and of amplitude 1 50 dB re 20 jiPa spl, 
will have a second harmonic component equal to 
10% after a distance of 400 mm [Ref. 7, p. 177]. 
These were measured values, the theoretical values 
being about 6 dB higher still. In practice, such plane- 
wave propagation is not encountered in the vicinity 
of a small sound source. The amplitude and hence 
the ability to generate harmonics of a typical spher- 
ical wave reduces with increasing distance from the 
source, the amplitude changing by 6dB for each 
doubling of distance. The harmonic content will 
therefore remain essentially constant beyond a cer- 



tain radius. Reference 9 contains, as an example, a 
simplified derivation of the distortion generated 
inside an (expanding) tapered tube, showing the 
limiting harmonic distortion fraction. Nevertheless, 
at close range and with very loud sources this effect is 
significant and may influence the results obtained 
from sound insulation measurements. However, 
with an impulsive signal containing 'all' frequency 
components anyway, the effect might not be sepa- 
rately distinguishable. 

A second effect of the air non-linearity is on the 
relationship between instantaneous excess pressure 
and acoustic intensity which is, essentially, the 
energy contained in the sound wave. The linear 
simplification is usually taken to be: 



I = P Z IPoC 



(4) 



where: 



J is the acoustic intensity 
p is the excess rms pressure 
p Q is the static density of the medium 
and c is the velocity of sound in the medium 

In the non-linear case, both the density, p , and 
the velocity, c, are functions of the instantaneous 
pressure or the resulting temperature change. Ap- 
pendix 2 gives the derivation of a slightly improved 
version of the above intensity equation, obtained by 
including one more term in the series exapansions. 
Compared with Equation 4, it includes two correc- 
tion terms: 



i = p 2 Ip c- 
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l + 5P.(y-l)/2.P .y 



(5) 



However, in practice, if realistic values are 
substituted in Equation 5 the correction terms are 
quite small. For example, for a peak sound pressure 
level of 75th of normal atmospheric pressure, 
~170dB re 20^iPa, the first correction term 
amounts to — 0.29dB and the second to — 0.06dB. 
Plainly, the effect of air non-linearities on the sound 
intensity as inferred from a measurement of sound 
pressure level are insignificant, even at such high 
sound levels. It is, therefore, highly improbable that 
any errors have occurred as a result of this factor. 

It might seem somewhat far-fetched to discuss 
these levels of sound pressure level in the context of 
broadcasting studios but it will be seen later, in 
Section 6, that the explosive charges often used to 
carry out these measurements are capable of gen- 
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erating sound pressure levels greater than ^th of the 
static air pressure at a distance of 1 m. At these 
levels, the propagation is unquestionably signifi- 
cantly non-linear even if it has been shown that the 
errors in estimating the contained energy are 
negligible. 

6. Sound levels produced by the explosive 
charges 

In an attempt to establish the sound pressure 
levels produced by the usual kind of explosive 
charges used to measure sound insulation a mea- 
surement was arranged in a 'free field'. Ideally, a 
free-field room would have been used but the pro- 
blems of clearing up the mess and the very significant 
fire risk made that approach unattractive. Also, 
because it was suspected that very high sound 
pressure levels would be involved it was necessary to 
remove the measuring microphone to a reasonable 
distance. Even with a relatively insensitive micro- 
phone and no microphone amplifier gain, equip- 
ment overloading was expected to be a problem. The 
distances involved made the use of any available 
room impossible. Therefore, the measurement was 
carried out in the open air at a height of about 12 m. 
Two 6 mm measuring microphones were set up at 
the same horizontal level and at distances of 6 and 
12 metres from the explosive. The microphones had 
inherent overload levels of 174dB re 20/iPa spl and 
sensitivities of about 2 mV/Pa. No voltage gain was 
used in the microphone buffer amplifiers which had 
a specified voltage overload of greater than 5 volts 
peak. The electrical limit of measureable sound 
pressure level was therefore about 162 dB re 20 /^Pa. 

The electrical signals from both microphones 
were stored and analysed using a digital, narrow- 
band spectrum analyser. Fig. 9 shows the time 
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function of sound pressure level recorded from the 
microphones at 6 m and at 12 m, The peak sound 
pressure level at the 6 m position was close to 160 dB 
re 20 ^Pa, although in Fig. 9 the instrumentation has 
clipped the narrow peak off the waveform. The 
recording obtained from the second microphone, at 
12 m, indicates that little has been lost and that the 
level at double the distance was 6dB lower. Fig. 10 
shows the spectra of both microphone signals. 

The peak sound pressure levels shown in Fig. 9 
are very high. They are likely to cause instantaneous 
hearing damage to an unprotected observer, especi- 
ally in a room. It has always been the practice to 
vacate rooms during tests but, occasionally it has 
been necessary to remain in the room with hearing 
protectors. In view of the levels involved this is an 
unwise practice because even properly fitted protec- 
tion is not very effective at low frequencies. At 6 m 
the peak sound pressure level of the impulse is equal 
to 149 dB re 20/iPa in the 125 Hz third octave band. 

Measurements of sound insulation previously 
carried out using these explosive charges have not 
taken into account the amplitude of the initial 
shock-wave. The microphones used in the past for 
this type of measurement are not capable of measur- 
ing such levels without very significant overloading 
taking place. Also, the electrical measuring equip- 
ment normally used does have the dynamic range 
necessary to record such high crest factors satis- 
factorily. In larger rooms these problems would be 
less significant than in smaller rooms which may be 
one reason why it is only in smaller rooms that the 
problem has become evident; nevertheless, it would 
seem from these results that the problems have 
always been present to some extent. 

It is interesting to speculate how meaningful 
measurements of sound insulation have ever been 
obtained using such explosive charges. There are at 
least three reasons why the results might not be as 
bad as have been indicated so far. Firstly, some of 
the rooms in which sound insulation has been 
measured have been very large, for example, at 
Manchester the insulation from the Music Studio 
(Studio 7) to the underground car park. Both of 
these areas are large, allowing greater distances 
between explosive and microphone. Secondly, it is 
only relatively recently that the large explosive 
charges have been used; previously, somewhat smal- 
ler charges were normally used. 

The third and probably the most significant 
factor is that, when a charge is detonated all of the 
energy is initially contained in a thin, spherical shell 
consisting of a rapid increase in pressure followed by 
a less clearly defined negative pressure recovery 
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zone. The sharper the explosion the better defined is 
the initial shock-wave. Fig. 9 shows that these types 
of charges, consisting of a paper tube which bursts 
when the internal pressure exceeds the containment 
limit, have a very clearly defined shock front, of the 
order of 40//s total duration. This is equivalent to a 
propagation distance of about 13 mm. All of the 
explosive's energy is contained in the transient shell 
which is about 4.5 ms duration at 6 m, and most of it 
within the initial shock front. It is little wonder that 
such high instantaneous sound pressure levels are 
generated. After some time in a room, parts of this 
shell will impinge on a solid surface and will be 
reflected in some other direction. After a little more 
time, even in a large room, the sound field will be 
diffuse. By that time, all of the explosive's energy 
which has not yet been absorbed by acoustic treat- 
ment will be distributed more or less evenly through- 
out the volume of the room and will gradually decay 
according to the reverberation characteristic for the 
room. The ratio between the volumes of the transi- 
ent shell at, say, 6 m (5.88 m 3 ) and the whole room 
(say 1 0CMOO00 m 3 ) shows that the sound pressure 
level quickly falls to reasonable levels. This process 
will not take long even in a large room; for example 
Manchester Studio 7, with a volume of 8200 m 3 , has 
a mean free path of only 25 ms. If the microphone or 
electronic circuits overload and then recover quickly 
enough to record the lower level but longer duration 
decay period as the effective sound pressure level 
then the measurement will be satisfactory, provided 
that the equipment applies the same time weighting 
function on the receiving side of the partition where 
the levels are lower. 

An additional problem which is evident from 
Fig. 10 is the spectrum of the explosion. It contains 
higher levels of low-frequency sound energy than of 
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high frequency sound energy. The spectrum has a 
peak at about 250 Hz, corresponding approximately 
to the reciprocal of the total duration but is nearly 
20 dB down at 2 kHz. This is not an ideal spectrum 
for the measurement of sound insulation which 
invariably has generally larger values at high frequ- 
encies than at low. 

7. Assessment of present methods 

It seems from the foregoing that the use of 
impulsive methods of measuring high values of 
sound insulation involving the use of explosives has 
been fortuitous in giving apparently meaningful 
results. The magnitude of the initial shock-wave 
from the explosion is sufficient to cause overload of 
any of the microphones used for this type of work. 
That the diaphragms of the microphones have not 
been permanently damaged is itself quite surprising. 
However, it seems that all of the measurement 
chain has usually recovered sufficiently quickly to 
make a reasonable assessment of the longer-lived 
but lower sound pressure levels which remain after 
diffuse sound conditions have been established in 
the room. It is also surprising that the equipment's 
response on the receiving side of the partition has 
been sufficiently similar, despite the lower peak 
sound pressure levels and the radically different 
spectral and temporal distributions, to give 
apparently valid difference results. It is even more 
surprising that over a period of about 30 years and 
several different generations of measuring equipment, 
the results have appeared to be believable. 

There is little doubt, although it would be 
impossible to prove now, that most of the results 
obtained in the past have been reasonably valid. On 
those few occasions when it was necessary and 
possible to carry out repeat measurements using 
different methods the results have usually been 
similar. However, there have also been repeat mea- 
surements in which the results have been very 
different. 

This present work has shown that the method is 
unreliable unless care is taken to avoid equipment 
overload. By using less sensitive microphones and 
lower gain settings, especially on the source side of 
the partition, linearity of the equipment can be 
assured. However, whether there would then be 
sufficient dynamic range remaining to measure the 
main part of the excitation signal is questionable. 

With reference to the three questions asked in 
Section 2, questions 1 and 3 have already been 
answered in section 4.4. As for question 2 on the 
distance from the explosive charge at which the 
propagation becomes essentially linear in character, 
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it appears that this factor is not after all significant. 
The measurements of peak sound pressure level 
described in Section 6 and the results shown in Fig. 
10 indicate no significant change in spectral energy 
distribution occurs in doubling the distance between 
explosive and the measurement position. As for the 
other aspects of the shock wave, for example, safety 
of personnel or damage to fittings and fixtures, there 
is no room anywhere in the BBC where the peak 
level of this acoustic impulse would be likely to be 
less than about 154dB re 20/iPa. It is, therefore, a 
significant danger, not only to hearing, but also to 
fittings and fixtures. It may be capable of breaking 
windows if they are too close. 

8. An alternative method of measuring 
high values of sound insulation 

8.1. Outline 

An alternative method for measuring sound 
insulation which can be applied in those cases where 
high values are being measured uses averaging in the 
time domain to improve the receive-side signal-to- 
noise ratio. Instead of obtaining the total signal 
energy required for the measurement from a large 
signal, this method extends the measurement period 
to obtain the same result. 

In principle, the measurement signal is in- 
tegrated synchronously whilst the uncorrelated 
extraneous noise integrates towards zero. If a pair of 
measurements are made with synchronous averag- 
ing then the signal-to-noise ratio of the wanted 
signal will be improved by 3 dB. Each further dou- 
bling of the number of measurements results in 
another 3 dB improvement. With stable excitation 
signal, propagation path and synchronisation, there 
is no theoretical limit to the amount of improvement 
which can be obtained in this way. Thus, a measure- 
ment of sound insulation can be made when the 
receive-side signal is far below the continuous, but 
uncorrelated, noise level. This method reduces the 
requirement for source-side sound pressure levels, 
thus making the existing equipment adequate. It 
would even be possible, in principle, to make a 
measurement subliminally whilst the rooms were 
being used for other purposes. It also has the 
advantage of being able to use an apparantly ran- 
dom, noise-like signal which, if it were audible, 
would be less obtrusive to other users of the 
building. 

8.2. Practical limitations 

In practice there are some limitations in ad- 
dition to those in principle listed above. Firstly, the 
requirements of the signal are that it should have an 



adequate bandwidth for the measurement so that 
the whole of the required frequency band is covered. 
Secondly, because the method continuously aver- 
ages at all frequencies, it should be of a type in which 
all frequency components are present at all times. 
Thirdly, it must be deterministic because each mea- 
surement must be an exact repeat of the previous 
one. Also, ideally, it should contain more energy at 
higher frequencies than at low to compensate for the 
typical insulation performances of real partitions 
and to give a signal spectrum on the receive side of 
the partition which is of a similar shape to the 
random background noise. In this way, the noise 
margin of the measurement is kept uniform as a 
function of frequency and measurement period kept 
to a minimum. It should also ideally have a low 
peak-to-mean energy ratio in order to maximise the 
signal energy within the limitations of the loud- 
speaker and the analysis equipment. There are also 
limitations on the duration and the repetition rate of 
the excitation signal. Obviously, it must last long 
enough to 'fill' the input store of the analyser, with 
allowances for any time delays and triggering errors. 
It is not so obvious that the repetition period, and 
hence the re-triggering, must be long enough to 
allow the previous signal to have decayed into 
insignificance otherwise some long delayed but per- 
haps partially coherent remains of the previous 
measurement period might be included in the 
integration. 

The dynamic range of the instrument used to 
integrate and analyse the signals is also important. It 
must be capable of reading, storing and ultimately 
averaging to near zero, without distortion, the 
continuous, unwanted random background noise. 
At the same time, it must have sufficient resolution 
to represent the wanted signal to a reasonable degree 
of accuracy. Modern digital instrumentation cap- 
able of carrying out the necessary functions of 
storage, integration and analysis, such as Fast 
Fourier Transform Analysers, have 14 or 16 bit 
input resolution giving dynamic ranges of 80 90 dB. 
With 30^0 dB to represent the signal and 10 dB to 
allow for the range of the unwanted noise, this leaves 
only 30-50 dB for signal-to-noise ratio improve- 
ment. Specialised analysis equipment which did not 
truncate the averaged data would not suffer from 
this limitation but is not currently available. 

There is also a practical limitation on the time 
for which these measurements can be carried out. 
Because of the need to double the number of samples 
for each 3 dB improvement in signal-to-noise ratio, 
the time taken for large improvements can become 
great. For example, in the case of a drama studio 
with a reverberation time of 0.5 s the repetition 
period of the measurement signal could not be 
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shorter than about 0.25 s and would be better if it 
were 0.5 s. To obtain a 21 dB improvement in signal- 
to-noise ratio requires 2 7 , measurements (= a mini- 
mum of 32 s), which is not an unreasonable time. 
However, to obtain a 42 dB improvement would 
take a minimum of about 1 hour. Clearly, for rout- 
ine measurements, this represents a practicable 
upper limit of the technique. 

8.3. Excitation signal source 

A filtered, pseudo-random sequence, generated 
by a maximal -length feedback shift register satisfies 
most of the above conditions. Such a generator is 
convenient and easily constructed. One configur- 
ation consists of a 20-stage digital shift register with 
analogue weighting resistors on the output of each 
stage to form a 20-element transversal filter with an 
output bandwidth equal to ^th of the clock frequ- 
ency. Thus, the sequence generator and the main 
spectrum-shaping filter are the same. The addition 
of a simple analogue 'anti-alias' filter completes the 
filtering to reduce the signal harmonics and the 
digital clock frequency to insignificant levels. Such a 
signal generator is available commercially, complete 
with variable-length feedback to change the length 
of the sequence in steps of factors of two and a clock 
frequency selectable over a wide range. For a mea- 
surement of sound insulation between a pair of 
average sized rooms with a measurement bandwidth 
of 5 kHz, a digital clock frequency of 100 kHz 
( = 5 kHz x 20) and a sequence length of 65520 (the 
nearest power of 2 which will give 0.5 s repetition 
period) is satisfactory. Such a signal satisfies most of 
the wanted conditions. It does not have an energy 
spectrum which increases at higher frequencies, at 
least not in constant bandwidth analysis. However, 
sound insulation measurements are usually made in 
3-rd octave bands and, with such analysis, the 
pseudo-random noise spectrum increases at 3 dB per 
octave. At additional cost and complexity it could 
easily be filtered to give any required spectrum 
shape. It also does not have a particularly low peak- 
to-mean ratio - it is better in this respect than true 
random noise but not ideal. Despite these two 
departures from the ideal, it is a simple and con- 
venient signal and has been used for some experi- 
mental measurements. 

8.4. Experimental verification 

A test of this alternative method of measuring 
sound insulation was carried out on the same par- 
tition as used for the measurements described in 
Section 2 and whose results were shown in Fig. 3. 
The instrumentation consisted of the pseudo- 
random noise source described in Section 8.3, and a 
digital Fast Fourier Transform (FFT) Analyser 



which could be set to average, in the time domain, 
1024 samples in each of two channels. After 
the aquisition of the average data, the analyser 
transformed both signals to the frequency domain, 
converted them to ^rd octave analysis and displayed 
the ratio. This was repeated at the usual several 
microphone positions and the sound pressure level 
results averaged, also in the usual way. 

One problem with FFT analysers is that the 
results are inevitably calculated in narrow frequency 
bands and to obtain enough data for reasonable 
conversion to ^rd octave bands at low frequencies 
two measurements have to be made on two different 
time scales, usually differing by a factor of 10 to 1. 
This takes additional time but can be avoided, on the 
available instrumentation at least, by restricting the 
measurement to 15 ^rd octave bands. Since this 
measurement was only a verification of the prin- 
ciples this restriction was judged to be reasonable. 
The upper frequency range of the measurement was 
limited to 1 kHz in order that the 1 5 available bands 
would cover the low frequency end of the spectrum 
adequately, down to and including the 31.5 Hz 
band. 

The excitation generator was set to give a 
bandwidth of 1.5 kHz, that is a clock frequency of 
30 kHz, and a sequence length of2 13 (8192), givinga 
repetition period of about 0.27 s. The number of 
signal periods integrated was 1024, giving a theoret- 
ical signal-to-noise ratio improvement of 30 dB. The 
time taken for each microphone position measure- 
ment was about 4,6 minutes. 

Fig. 1 1 shows the averaged sound pressure level 
difference results obtained, compared with those 
obtained using a sinusoidal excitation in the normal 
way. There is clearly no significant difference be- 
tween these two sets of results, especially considering 
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Fig. 11 - Sound insulation, Kingsood Warren Listen- 
ing Room to Acoustic Test Room. 

_o— (a) Time integration 

-x- (b) Steady state, sinusoidal excitation. 
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generally be a problem because the dominant source 
of extraneous noise is, or should be, the ventilation 
plant which provides a steady and unvarying level. A 
feature of the FFT analyser used for this work is that 
it can be set to ignore any signal inputs which cause 
the input ADC to overload. By setting this overload 
level close to the continuous noise level, the system 
rejects most of the louder intermittent random 
noises. Such an arrangement could be left unatten- 
ded for long measurements, 

9. Conclusions 



Fig. 12 - Receive-side signal and noise levels involved 

in time integration method. 

—o— (a) Continuous average noise level 

-x- (b) Time- integrated background noise level 

— n— (c) Time-integrated receive-side signal level. 



that there was a time gap between the two measure- 
ments of 2.5 years and many small changes had been 
made to the contents of the rooms (but no major 
changes). 

It is of interest to look at the actual signal levels 
involved in this measurement. Fig. 12 shows three 
spectra; (a) is the continuous average noise level 
measured in the receiving room in the conventional 
way, as would be indicated on a normal sound level 
meter, (b) is the time-integrated spectrum measured 
without the signal source and (c) is the received 
signal after integration. Fig, 12 shows that the 
theoretical 30 dB improvement has been achieved, 
except perhaps in the highest frequency octave. It 
also shows that the received signal is, mostly, signifi- 
cantly below the continuous average noise level (by 
about lOdB), and also, mostly, well above the 
measurement threshold. It can be concluded that, 
for this measurement at least, the excitation signal 
spectrum is not far from optimum. 

The one failing or departure from the theoret- 
ical of the method appears to be the imperfect high 
frequency noise rejection. Closer study of this region 
of the spectrum during a measurement showed that 
it was subject to occasonal large peaks from foot- 
steps on the floor above. This type of noise may not 
contribute significantly to an 'average' spectrum, 
measured in the usual way but will obviously appear 
in a time-domain average, reduced by the propor- 
tion of time for which it occurs. It shows that the 
incoherent noise rejection of this method is more 
nearly related to peaks of the unwanted noise if these 
are frequent than to the average. Theoretically, the 
noise rejection is equal to the ratio of total noise 
energy spread over the total measurement duration. 
In empty studios and control rooms this will not 



The reasons for and the methods of measure- 
ment of sound insulation between different areas 
used in broadcasting have been discussed. In parti- 
cular, one method for the measurement of high 
values of sound insulation using explosive charges 
has been studied in detail. In the past, the results 
from some of these measurements have caused some 
concern that the method might not always give the 
correct answer. Despite the philosophical and 
theoretical doubts about the method, it has been 
shown that it should give the correct result in 
principle, but that practical difficulties lead to the 
introduction of error-generating mechanisms. The 
peak sound pressure level generated by the exlosive 
charge has been measured as 160 dB re 20 /jPa at 6 m, 
which is equal to ^th of atmospheric pressure. This 
level is quite sufficient to overload any of the type of 
microphone used for such measurements, even if 
overload of the electronics in the measuring equip- 
ment is avoided. It seems that this overload and the 
subsequent recovery from it by the measuring sys- 
tem has been responsible for the errors. To avoid the 
overload would require the use of low-sensitivity 
microphones and low gain settings in the electronics. 
It is doubtful whether there would then be sufficient 
dynamic range remaining to measure the majority of 
the signal energy which is at a much lower level than 
the peak. This is a problem with any kind of 
impulsive measurement method which, intrinsically, 
contains all the measurement energy in a short 
period of time. 

It has been shown that, provided that overload 
of the electronic equipment is avoided, the present 
measuring equipment gives the same results using 
impulsive signals as the more usual continuous, 
sinusoidal excitation, despite the inevitable gross 
distortions of the signal time-function within the 
instrument in the conversion from time-function to 
^rd octave band sound pressure level. 

The studies of the correction terms for the non- 
linearity in the propagation of sound in air at high 
levels have shown that, in principle, the generation 
of harmonics by the non-linearities ought to be 
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significant. However, with a pressure pulse which 
contains many frequency components anyway, this 
effect is not noticeable. The correction term for the 
acoustic intensity has been shown to be negligible 
even at the pressure levels recorded here. 

An alternative measurement method has been 
described which does not require the use of such 
high sound pressure levels but uses integration in 
the time domain to extract the wanted signal. 
However, a long measurement period may result 
from the exchanging of maximum sound pressure 
level for time. It may take several hours to improve 
the signal-to-noise ratio of a measurement by 40 dB, 
but the equipment may be left unattended and the 
random-noise-like test signal, if it were to be loud 
enough to be audible to other users of the building, 
would not be so objectional. Because of this time 
factor and some other practical limitations on the 
maximum improvement which can be made, it is 
unlikely that the method would usually employ 
lower signal levels than are presently used with 
sinusoidal excitation, but, for the same sound level, 
the method can be extended to cover all foreseeable 
circumstances or, at least, all the cases presently 
defined in Reference 1 . 
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APPENDICES 

1 . The calculation of electrical equivalent 
circuit component values 

Although acoustic equivalent circuits can be 
derived and results calculated, it is generally found 
to be easier to convert the acoustic equivalent circuit 
to an electrical equivalent. Then the great body of 
circuit analysis techniques developed for electrical 
circuits can be applied. Many such equivalents are 
possible; the one which will be used here equates 
voltage to sound pressure level and current to 
volume velocity. In this convention, acoustic mass is 
represented by electrical inductance and acoustic 
compliance by capacitance. Resistance is equivalent 
to energy loss. 

For the electrical equivalent circuit of 1 m 2 of a 
simplified, two-leaf cavity wall shown in Fig. 4: 

For the mass of the walls, say, 2 x 230 mm 
masonry walls @ 2000 kg. m 3 , 

L = 460H. 

Because only the symmetrical mode was being 
modelled, C t was made equal to zero impedance, 
that is, infinite capacitance. For the symmetrical 
resonance mode, to give a convenient frequency, 
well within the measurement frequency range of the 
instrumentation, of say 50 Hz, the mass of each wall 
must resonate with half of the compliance at 50 Hz, 

Compliance/2 = 1/(4.tt 2 .50 2 .460) 



or, 



Compliance = C 2 = 44 x 10 9 F. 



This is actually equivalent to a cavity thickness of 
only 6 mm. However, for the present purposes this is 
not relevant. 

The resistance R t represents the loss compo- 
nent of the resonance. If a 'Q'-factor of 10 is 
assumed then the resistance is given by, 

R t = 460.2.71.50/10 = 14,450 Ohms. 
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Also, R R = Radiation impedance of 1 m 2 with plane 

waves 

= 407 Ohms 

These impedance values are inconveniently large for 
electrical circuits, particularly the inductance of 
460 H. To make the circuit practical, all of the 
impedances were divided by about 172 to make the 
inductance value fit an existing pair of inductors. 
The final component values used were: 

L = 2.67H 

C 2 = 7.58 ^F 
R R — 2.36 Ohms 

/?! was intrinsic in the inductors which had 'Q'- 
factors of about 10 at 50 Hz. 

2. Acoustic intensity with non-linear 
propagation 

The usual, linear form of the equation relating 
acoustic intensity to sound pressure level is: 

I = p 2 /p .c 
where the terms are as defined in Section 5. 

At high sound levels, both p and c are them- 
selves functions of pressure. By taking into account 
one additional term, that is allowing for the first- 
order dependancy of these two factors on the air 
pressure, an improved estimate for the intensity 
relationship at high pressures can be obtained. It is 
shown (Section 5) that this first-order correction is 
very small, thus further improvements in accuracy 
are not justified. 

a. Variations in density 

For a given mass of air, the density, p , and the 
volume, V , are related by: 

p a 1/V 
or, p Q a P ^ 
where 

P is the static air pressure 

Rewriting in the incremental form gives 

5P 



dpjpo = 



In terms of intensity, with " ^ " representing peak 
rather than rms values: 



but, from above 



8p = 



Po W 

y Po 



therefore 



r = ^-i Po (i + dPfyp yc 



by 



b. Velocity term 

The velocity of sound in a medium, c, is given 

c = (yPo/Po) 1 ' 2 



Rewriting for an incremental increase in pressure, 
<5P, and a consequential increase in density, Sp, gives 
a new velocity, c', at the higher pressure of: 



c' = 



y(P + dP) V 12 
p + dp ) 



Expanding by the binomial expansion, collecting 
terms and deleting terms of order higher than the 
first gives: 



• = 41+^^ 

Po 



2 P 



Substituting from above for 5pjp and again collect- 
ing terms gives: 



d = c{\+± 



,SP 



(l - l/y) 



The term in the outer brackets is a correction factor 
for the velocity term in the expression for intensity. 

c. Modified intensity expression 

Using the two correction factors derived above, 
the expression relating intensity to sound pressure 
level can be rewritten: 



/' = 



1 



1 



yPo 
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